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VOR is an international standard aid to short distance
navigation. Accurate phase measurement in VOR systems faces
the problem of harmonic distortion, noise and hum. Their
presence buries the phase information of the VOR bearing
signal. Analog techniques suffer from drift, imperfect
matching and changes in component values and environment.
For high precision phase measurement, therefore, analog
means are not applicable. Digital filter offers a solution
as they are drift-free and can be perfectly matched.
The phasemeter built in this project has a measured accuracy
better than ±0.02 degree when the sampling frequency is
exactly 360 times of the signal frequency. However, the
phasemeter is not operated at real-time.
A TOR AF signal generator is built to support the testing of
the phasemetero Its resolution is of 0.01 deree.
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The VOR (VHF Omni-directional Range) which provides bearing
information to civil air-crafts is an international standard
aid to short distance navigation. It is used both to support
the air route structure connecting all major sources of.
traffic flow and to provide low approach capability at many
airports and runways not equipped with an instrument landing
system (ILS). Recently it is also used in area navigation
in USA. A great majority of these facilities have distance
measuring equipment (DME) colocated with them. In many
instances, the DME information is provided by use of the
tactical air navigation system (TACAN) which, in addition
to supplying compatible distance information to both civil
and military aircrafts, also provides a bearing information
to military aircrafts only. These combined facilities, VOR
and TACAN, are called VORTAC stations, When the ground
station is colocated with a DME system, the resulting combin-
ation forms the standard ICAO (International Civil Aviation
Organization) rho-theta short range navigation system
2As air traffic volume was increasing rapidly, especially in
high activity terminal areas, the ATCAC (Air Traffic Control
Advisory Commette of USA) estimated that area navigation
route with reduced seperation of 2nmi (±1 nmi, nautical
mile) would be required. This reduced seperation would be
applicable to the area within 25 to 30 miles from the air-
port. Further from the airport than 25 miles, mile route
appears adequate and beyond 40 miles, 8 mile seperation seems
sufficient (1). This indicates that more precise VOR is needed.
The basic assumption used in specifying VOR system accuracy
is that there are three independent error sources: ground VOR
radiated signal, airborne VOR receiver equipment and flight
technical error (pilotage). Their contributions may be combined
in root summed squared (rss) fashion:
The system accuracy of VOR as it is employed today is considered
to be ±4.5 degree on 95 percent basis, of which 1.9 degree is
attributed to the ground VOR radiated signal and 3 degree to
the airborne receiver equipment (2). When compared with the
prediction of ATCAC, a reduction in total error of two to three
times is needed.
During the last 30 years, VOR has undergone a number of evolut-
Total ground airborne pilotage
3ionary changes. To reduce siting error and improve signal
quality, Doppler VOR (DVOR) was introduced. The improvement
of Doppler VOR over the standard VOR in its ability to reject
the effects of non-perfect site location (scalloping and
bends) is about five to one. It was first installed in 1958
and is now widely used (1). Further developments have been
the precision multilobe VOR (PVOR) and precision Doppler VOR
(PDVOR). A reduction of system error by a factor of approximate-
ly eight to ten had been achieved with PVOR. The precision
Doppler VOR adds an FM reference signal to the spectrum of
Doppler VOR. By use of this FM/FM reference technique, a
bearing accuracy improvement on the order of three to one
over a Doppler VOR is achieved and becomes the standard format
of precision VORO More recently, a digital VOR system with a
measured bearing accuracy of 0.11 degree standard deviation
was reported (2).
As the system accuracy of VOR is increased, there is need
for more accurate and reliable phase measuring system. They
are needed both in the airborne phase comparision and ground
station phase monitoring. It is better to shutdown a system
than to provide erroneous information to aircraf. For a
station with 1 degree bearing accuracy, the monitoring equip-
ment should have an overall accuracy better than 0.1 degree.
4This thesis discusses the implementation of a fully digital
VOR phasemeter with accuracy of ±0.01 degree. The phasemeter
employs the technique of digital signal processing and there-
fore has no problem of asymetry in filter characterics and
component aging.
An audio VOR signal generator with very accurate phase setting
was built to support the testing of the phasemeter. The sigaaal
generator is implemented using a fixed-instruction-set micro-
processor. Slight modifications would make this signal




The VOR operates in the 108 to 118 MHz bands, with channels
spaced 100 KHz apart. The ground station radiates a cardiocil
pattern that rotates at 30 rps generating a 30 Hz sine wave
at the output of the airborne receiver. The ground station
also radiates an omni-directional subcarrier of 9.96 KHz, which
is frequency modulated with a fixed 30 Hz reference tone with
a deviation of +480 Hz. The phase between the two 30 Hz signals
varies directly with the bearing of the aircraft. The phasing
is arranged so that zero difference corresponds to 0.00 degree
Magnetic. Since there is no sky-wave contamination at very
high frequency and no interference from stations beyond the
horizon, performance is relatively consistent and is limited
only by some major factors such as: multipath error due to
reflecting objects near the transmitting facility and accuracy
of the phase detecting equipment in the aircraft. Fig II--1
shows the spectrumn of standard VOR and Fig II-2 gives a block


























——Bio ck Diagr rn Oi Air do r n e V OR Receiver
7
FOUR ALFORD LOOPS













modulated 30 Hz by
gonimeter, 90 degree apart
Fig 11-2 Block Diagram of Conventional VOR
8The airborne equipment comprises a horizontally polarized
receiving antenna and a receiver. This receiver detects the
50 Hz amplitude modulation produced by the rotating pattern
and compared it with the 30 Hz frequency- modulated reference.
A block diagram is shown in Fig II-3.
The output of the AM detector comprises:
1) a 30 Hz tone produced by the rotating cardiod,
2) voice modulation,
3) a Niorse-code-modulatedd 1020 Hz identity tone, and
4) a 9.96 ktiz tone, frequency modulated+ 480 tiz by the 30 Hz
reference tone.
The voice frequencies and the identity tone are fed to the aircraft's
audio-distribution system. The 30 Hz information is filtered
out, limited (to remove 30 Hz amplitude moiulation) and then
applied to a frequency modulation detector whose output is the
30 Hz reference frequency. After filtering it is compared with
the variable phase.
92. 2 Doppler VOR (3}
The problem of multipath is now commonly solved by adopting
Doppler VOP. A Doppler VO P has its antennas mounted on a circle.
The carrier. (fc) is radiated from the central omni--directional
antenna and is amplitude modulated by a 30 Hz tone as well as
voice and_ Morse identification code. The fc+ 9.96kHz sidebands
are radiated separately from a ring of antennas and are commutated
around the ring at a 30 Hz rate. The distant observer, therefore,
sees a Doppler frequency shift of the sideband frequencies varying
at 30 Hz with a deviation determined by the diameter of the ring.
Fig. II-4 shows the antenna system and the spectru-nn. Another
approach is: Transmitting along the antennas squentially and
thus simulating a moving _radiating source on the circle so that
the total transmission is actually frequency modulated due to
Doppler effect, The frequency deviation is also determined
by the radius of the circle.
The size of the ring of antennas to achieve the required
+480 Hz deviation is 15.5 meters diameter, approximately five
wavelengths (3). When compared with that of conventional VOR
systems, a ten-fold reduction in rnultipath error is theoretically
possible. For example, it has been reported that the maximum
deviations measured during a 20-mile orbital flight ere
reduced from 2.8° with a standard VOR to 0.4o with a Doppler
VOR(4).
10
The importance of the Doppler VOR lies in the improvement it
provides Without any change being made to the airborne equipment.
11
(a) Source of fc-9960 Hz rotating at 30 rps
Source of fc
















6.5 KHz 9.96 KHz
±480 Hz ±480 Hz
Fig 11-5 Spectrumn of Precision Doppler VOR
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2.3 Precision Doppler VOR (1)
The precision Doppler VOR introduces another subcarrier on the
radiated signal on i7.rhicin the 30 Hz reference signal is frequency
modulated. This subcarri el,, in turn, frequency modulated the RF
carrier. At the same time, the conventional 30 Hz AM reference
signal on the carrier is still radiated for compatibility.
In order to leave room for the 30 Hz AM and voice modulation on
the PFcarrier and not interfere with the 9.96kHz variable
subcarrier, the new FM reference subcarrier was chosen at
6.5kHz. Fig. II-5 depicts the spectrumn of the precision
Doppler VOL Modifications necessary to convert a Doppler VOR
to a precision Dopler VOR are shown in Fig II-6, while the
modifications on airborne equipment are shown in Fig. II-7.
Analysis has shown that there are a number of factors which
contribute to the improved accuracy obtainable through the use
of FM/FM. These are 1) reduction of cross modulation in the
second detector, 2) isolation from the reference signal of
unwanted amplitude modulation on the 9.96 KHz subcarrier due
to counterpoise effect, 3) rejection of the effect of unwanted
30 Hz components at the second detector caused by multipath,

















Doppler VOR Reference Voltage
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Wheel 6480+480 Hz (FN) controlled crystal
Precision Doppler VOR Reference Subcarrier Voltage oscillator
Modifications to Doppler VOR
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The Problem of phase measurement in VOR systems lies in the
presence of harmonics, noise and hum. Their presence buries
the phase information of the 30 Hz signals. As pointed out
in the following sections, a harmonic content of 0.01% (-80db)
may contribute a phase shift of 0.0057 degree to the 30 Hz
signals. However, in various parts of the VOR system,.harmonic
distortions are generated as an unwanted effect. Therefore, to
accurately measure the phase information, the measuring method
must be insensitive to the presence of harmonics,
In 1969, a hybrid VOR phase monitoring system was introduced
by AWA Australia (Amalgamated Wireless Asia Ltd.) (6). It was
accurate to +0.1 degree and employed the zero-crossing detect-
ion technique. It used one filter, time-shared between the two
30 Hz signals, to reject the harmonics, noise and hum. Two
phase measurement were made first between the reference phase
and an arbitrary but frequency lock 30Hz squarewave. A single
binary counter was used to perform both phase measurements;
for the first, the counter was set to adding mode and was
followed by the second measurement with the counter set to
subtracting mode. The net content of the counter after both
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measuremnets should be zero if the two 30 Hz signals were in
phase. Since the filter had to be switched from one signal to
another, transients were introduced. Therefore a waiting
period was needed for the filter to settle down. It was about
0.5 second, This long waiting period caused a severe demand
on the frequency and phase stability of the 30 Hz squarewave.
In 1978, a completely digital VOR receiver was introduced by
A0S0Palatnick as part of the wide aperture digital VOR system
(2). However the receiver is not compatible with the existing
systems.
Other phase measuring systems use various techniques:
The most commonly used phase detectors in communication systems
are the balanced diode detector and the diode ring detector
(7), (8). Both detectors make use of the non-linear charact-
eristics of semiconductor diodes. The output of the phase
detector after low-pass filtering is proportional to the phase
difference between the input signals. However, this type of
phase detector usually faces the linearity problem. It is very
difficult to build a phase detector of such type to have very
good linearity over the phase range of 0 to 360 degree.
L.A.Margatta replaced the transformers in the diode detector
by high performance operational amplifiers and resulted in a
high-performance phase-sensitive detector (9). The linearity
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of the phase detector was very much improved. A full sacle
linearity error of 0.01% was achieved for the frequency range
of 0-150 H z.
T.Saeguse, Y.Sugubi and H.Murase used relative counting A/D
conversion system in digital phase measurement (10). The error
of the system was between 0.01% to 0.001% for the frequency
range of 10 Hz- 100 KHz with a resolution of 0.01 degree. The
phase measuring method was basically a zero-crossing detection
scheme. The two input signals, after pulse shaped, controlled
a flip-flop. The output of the flip-flop was a series of rect-
angular pulses, which duty factor provides a measure on the
the phase difference between the two input signals. The duty
factor, an analog quantity, was converted to a digital quantity,
the number of reset pulses, by the relative counting A/D
conversion system. Therefore it was possible to digitally
measure the phase information. However, the problem of harmonic
distortion was not considered there.
R.N.Bames and C.C.Williams had also developed a digital phase
meter using zero-crossing detection technique (11). It operated
over a frequency range of 1.0 to 10 KHz with a resolution of
0.1 degree and up to 100 KHz with a resolution of 1.0 degree.
The two input signals passed through an exclusive-OR gate. The
high frequency clock was frequency locked, exactly 1800 times
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with the input-signal. Therefore the content of the counter
provided the phase information. However, harmonic distortion
was not considered there,
W.Saraga and A. K. H. Miller used a quite different apporach (12).
They employed the quadrature modulation and the N-path technique.
However, their method was only applicable to the measurement of
small phase difference between two phase shifting networks.
J.S.Bridle used a digital computer to measure fast phase perturb-
ations caused by carrier equipment in the public telephone
system (13). He derived an adaptive equation of the form:
Z(n)= b1x1(n)+ b2x2(n), where Z(n), x1(n) and x2(n) are
functions of the sample values of the input signals, and b1 and
b2 are useful functions of and K, the phase difference and
the amplitude ratio of the input signals. Starting from an
initial guess, the best estimate of b1 and b2 was searched for
using a algorithm derived by Bridle, When the sampling interval
was properly chosen, the phase difference was obtained as
The iterative algorithm and the arctangent
calculations were performed by a digital computer. The phase
measuring system was used to monitor phase changes in a 2 KHz
signal which had passed through the telephone system. However,
when there is noise. at the input signal, the calculated value
of will be noisy.
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3.2 Digital Zero-Crossing Phase Measurement
As revealed in the above discussion, most phase measuring
methods do not consider the problem of harmonic distortion.
Howwwever, the presence of harmonic does introduce error in
the phase measurement. When analog filter is used to reject
the harmonic, there exists the problem of long term drift
and imperfect matching.When time-shared filter is used,
it needs a long waiting periods for the filter to switch
from one channel to the other and causes a severe demand on
the frequency and phase stability. Therefore a completely
digital approach is employed in the project. The analog filters
are replaced by a time--shared digital filter. The reference
phase and,the variable-phase after sampled and A/D converted
are fed to the digital filter to remove the harmonics, noise
and hum.A digital zero-crossing detection unit follows
the digital filter and seperates the filter output. It detects
the negative, to positive sign changes for each output. A
sigh change is equivalent to a zero-crossing. However,as
different from the analog case, the exact position of the
zero-crossing is not yet determined since we know up to this
point is only that there is a zero-crossing between the two
samples. therefore a processor is needed to finetune the
position of the zero-crossing. It calculates the exact
position of the zero-crossing from the values of the two
20
samples around the zero-crossing.In the neighbourhood of
the zero-crossing, the sine function can be approximated
by a straight line. Therefore the bisection method is used
and it makes eight iterations.
The zero-crossing detection unit also controls a counter
which counts the number of samples received between the zero-
crossings of the variable phase and the reference phase.
The system sampling frequency is locked with the reference
phase suchthat the interval between two neighbouring samples
corresponds to exactly one degree. Therefore the content
of the counter gives the integral part of the phase difference.
The fractional phase is calculated by the processor mentioned
above. From the values of the two samples around the zero-
crossing, the exact positions of the zero-crossings are
determined. Their difference gives the fractional phase.
When the difference is negative, it is tw-complemented and
the counter is down-counted by one such that the fractional
phase is always positive. Therefore, the content of the counter
together with the result of the processor gives the phase difference.
The results are futher averaged to remove the noise caused
by the digital filter and the zero-crossing detection unit.
Since time-shared digital filter is used, the problem of long
term drift and imperfect matching are eliminated. Actually,
these problems cannot be completely eliminated since there are
21
still analog filters in the phase measuring system. They
are the pre-sampling filters used to bandlimit the reference
phase and the variable phase signals. Their presence therefore
re-introduced the problem of long term drift and imperfect
matching. However, the caseis quite different now. For the
analog case, analog filters are to reject harmonics,noise
and hum therefore the cut-off frequency should be somewhere
between 30 to 60 Hz. However, for the digital case, analog
filters are used as pre-sampling filters,the cut-off frequency
maybe made much larger,except that it must be less then the
half of the sampling frequency. From the analysis of phase
shift due to component changes in analog filter given in
Appendix I, it is clearly that the phase shift is proport-
ional to w/w0, where w0 is the cut-off frequency. Therefore,
the smaller the w/w0, the smaller will be the phase shift.
In other words, a large cut-off frequency will reduce the
phase change. In the analog case,w/w0 is between 0.5 to 1 and
in the digital case, w/wois much smaller than one. Therefore
the phase shift due to changes in component values or imperfect
matching will be much smaller for the digital case. As a
result, the harmonics, noise and hum can be attenuated to
such a level that they do not contribute a significant
part to the total erro of the phase measurement.
The exact frequency relationship, 72Otimes, between the clock
pulse applied to the integral phase counter and the reference
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phase signal is achieved by a phase-locked loop frequency
multiplier. A clock pulse of 21.6KHz is derived from the
reference phase. The divided by 2 output is applied to the
integral phase counter such that each pulse corresponds
exactly to 1 Deg.. The PLL output also controls the timing
of the sample/hold circuit,the multiplexer and the A/D
converter.
Therefore with the digital zero--crossing detection unit and
the integral phase counter, a phase measurement of accuracy
1 Deg. is achieved, and :.T-i th the fractional phase processor,
fine phase measurement is made accurate to 2-8 or 0.0039 deg..
L3 Principle of the Phasereter
The block diagram of the phasemeter is shown in Fig.III-1.
It may be divided into the following units:
(1) the A/D conversion unit
(2) the PLL unit
(3) the digital filter unit
(4) the zero-crossing unit.
(5) the averaging unit, and
(6) the display unit.
The functions of each unit are described as below:
FIG III-1 BLOCK DIAGRAM OF THE ZERO CROSSING DETECTOR
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(1) The A/D Conversion Unit
The two 30 Hz signals from the R F receiver are fed to two
pre-sampling low pass filters. They are bandlimited here.
The outputs of the LPF are multiplexed and sent to the
sample-hold circuit. The sampled values are converted to ILL
bits two's-complement binary number. A block diagram of the
A/D conversion unit is shown in Fig. 111-2. The sampling rate
is 360 samples/cycle for each 30 Hz signal. Timing and control
signals of the unit are supplied by the PLL unit.
(2) The phase-Locked Loop Unit
This unit is responsible for the timing and control of the
A/D conversion unit. Since the operation of the p,lasemeter
assumes a sampling frequency equals to 360 times of the signal
frequency, a logical approach is to use phase-locked loop
frequency multiplier. A block diagram is shown in Fig.III-3.
Fig. !IT-4 sho wTis the timing relationship of the signals in
the PLL unit and the A/D conversion unit.
(3) The Digital Filter
The output of the A/D conversion unit is used as the input
of the digital filter. The strobe signal from the A/D conver-
-ter informs the digital filter that data is available.
Flowever,data is latched into the digital filter only when the
filter is not busy. The filter removes any noise and attenuates




















Fig 111-3 Block Diagram of the PLL Unit
FIG III 4 TIMING DIAGRAM OF THE A/D CONVERSION UNIT
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is
zero-crossings of the two 30 Hz signalssustainable. Filtering
is time-multiplexed between the two signals. The specifications
and design deter yl of the filter are given in the next chapter.
(4) The Zero-Crossing Detection Unit
The zero-crossing detection unit comprises of two parts:
the integral phase counter and the fractional phase processor.
A block diagram is shown in Fig.III-5. The integral phase
counter is a 9 bit modulo 360 binary counter. And the fraction
phase processor comprises shift registers, arithmetic unit
and the necessary control circuits. When a negative to positive
sign change is detected for any of the 30 Hz signal,the fract-
ional phase processor picks up the values of the two samples
around the zero-crossing from the shift registers. The mean
of these two values is used to replace one of the orignal
samples, the one with the same sign of the mean. At the same
time the complement of the sign of the mean is shifted to
the fractional phase register. This process is repeated for
8 iterations. Finally there will be an 8 bit binary number in
the fractional phase register. This number represents values
in the range of 0 to 1-2-8 in steps of 2-8 and locates the
zero-crossing in the interval defined by the original two
samples. There are two fractional phase registers, one for
the reference phase and the other for the variable phase. Their
difference gives the fractional part of the phase. When the
difference is negative, it is tw.wo's-corplenented and the value
Fig III-5 Block Diagram of the Zero-crossing Detector
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of the integral phase counter in decremented by 1 such that
the fractional phase part is always a positive number.Therefore
the content of the integral phase counter and the result of
the fractional phase processor form a 17 bit binary number
with 9 integral bits and gives the phase information with a
resolution of 2-8 or 0.0039 Deg..
Actually the algorithm implemented here is the bisection
method used to find the roots of an equation employed in
Numerical Analysis or the successive approximation method
used in A/D conversion. From Numerical analysis wwe know that
this method always converges and the approximation error is
bounded by 2-8 or 0.0039 Deg
(5) The Averaging Unit
Since there is noise with the digital filter output,the phase
measured is noisy. The averaging circuit is used to improve
noise rejection. It is basically an accumulator.
(6) The Display Unit
The output of the averaging unit is first converted to 5 decade BCD
number representing angles from 0.00 Deg. to 359.99 Deg. and
thendisplayed by the LEDs.
3.4 Effect of Harmonics on Zero-Crossinc
Consider the signal x(t)=sin wt, disturbed by the harmonic
b/1sin (2wt+O):
To find out the effect of the harmonic signal on the zero-
crossing of x(t), x1(t) should be expressed as:
From the phasor diagram of x1 (t) it is observed that H1 (t) is
also a sinusoidal function. To have an estimation of 1(t),
let b/lsin(2wt+o1) be expressed as : b/1 sin(wt+(wt+O1)), then





the maximum value of
(3.4)
Equation (3.4) is plotted as Fig. III-
FIG L-6 EFFECTS OF HARMANICS ON FERO - CRASSING
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3.5 Effect of Hum on Zero-Crossing
Consider the signal
where w1 is the line frequency.









3.6 Effect of DC offset on Zero-Crossing
Consider
The new zero-crossing now becomes:
(3.8)





DESIGN CONSIDERATIONS AND ERROR ANALYSIS
1'ne pnasemeter is implemented mainly with CMOS digital ICs
to minimize power dissipation and to increase noise margin.
Some part of the circuit uses low power Schottky TTL ICs
for speed considerations
The phasemeter is designed to replace the phase comparator
and the 30 Hz filters in conventional VOR receiver and is
compatible with the existing systems.
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4.1 A Preliminary Error Budget
Since various parts of the system contribute error to the
phase measurement, a preliminary error budget is needed as
a design guide, The error sources existing in the phasemeter
are:
(1) The pre-sampling low-pass filter: e
L
Error is due to imperfect matching between the two
analog filters.
(2) The sample/hold circuit and the PLL: e
s
Error is due to cross-talk, quantization, switching gate
delay and frequency instability of the PLL output,
(3) The digital filter: ed
Error is due to the residue harmonic content and the
noise in the filter output. Since the noise is usually
of very high frequency, the major contribution is from
the residue harmonic content.
(4) The zero-crossing detection unit:
Error is due to the approximation,
Since the phase result is averaged over 32 cycles, the



















Design of the Pre-sampling Low-pass Filter
The function of the pre-sampling low-pass filter is to band-
limit the two 30 Hz signals such that phase information is
not disturbed due to frequency aliasing after sampling. There
are two identical filters one for the reference phase and one
for the variable phase. Since low pass filter introduces
additional phase shift, the two filters must be properly
matched, such that the additional phase shift is cancelled
out.
Filter Specification
Since it is the job of the digital filter to remove the voice
modulation and the Morse-code identity tone, the specification
of the filter is derived mainly from considerations on sampling.
The cut-off frequency of the filter should not exceed 5.4 KHz
because the sampling frequency is 10.8 KHz,
Consider Fig IV-1, it is a typical frequency spectrumn of a
sampled signal (7). It is clear from the figure that the 10.77
KHz will appear as the 30 Hz and the 10.74 KHz will add to
the harmonic due to frequency aliasin.
FIG IV 1 FREQUENCY SPECTRUMN OF SAMPLED SIGNAL
FIG IV 2 SPECIFICATION OF THE PRE SAMPLING FILTER
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Therefore in order that the 10.77 KHz signal does not
significantlly distrub the original 30 Hz signals, its
magnitude should be (relative to the 30 Hz signal):
Next let us consider the source of this signal. From the
spectrumn of VOR signal, we observe that there is a subcarrier
FM modulated by 30 Hz signal at 9960 Hz. The 10.77 KHz signal
corresponds to the 27th component of the sideband of the FM
spectrumn. Its magnitude is -52.43 db relative to the subcarrier.
Therefore the attenuation of the low pass filter at 10.77 KHz
should not less than 29.77 db.
Although the 10.74 KHz adds to the harmonic, it will be removed
by the digital filter. Therefore it does not put extra require-








The filter is implemented using the VCVS (Voltage Controlled
Voltage Source) low pass network, Fig IV-3. The transfer
function for each second-order section is:
(4.7)
And the frequency response of the filter is plotted in
Fig IV-4. The filter implemented is a Bessel filter.
As discussed in the above, two such filters are needed and
they must be properly matched to cancel out any additional
phase shift due to imperfect matching. An analysis on Appendix
I shows that the choice of components is critical. The
components used here are 1% metal-oxide resistors with a
temp. coeff. of +-50 ppm/°C and ±1% slivered mica capacitors
with a temp. coeff. of +35 ppm/°C, over the temperature
range of -40oC to 85oCO
Error Analysis
Assuming for a temperature range of 0- 50 °C,





















Therefore a phase shift of -0.0096 degree may be introduce
by the low pass filter (refer to Appendix I). It is within
the limit given by Eqn (4.3).
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4.3 Design of the A/D Conversion Unit
The A/D conversion unit converts two 30 Hz analog input
signals to a time-multiplexed digital sequence. When conver-,
sion completed, it provides a strobe signal to inform the
digital filter. Samples are equally spaced in time and there
would be 360 samples/cycle for each signal. A block diagram
of this unit is shown in Fig IV-5
Consideration on Cross-talk
Since cross-talk introduces phase shift, it is a problem
worth to be considered carefully,
Consider a signal x (t)= sin wt coupled with another signal
b1 sin(wt+0) due to cross-talk:
where
. (4.8)
When 0= 90o, l has a maximumn, tan-1b1.It reduces to b1
when b1 is small.
Next consider the other signal sin(wt+ ), which is coupled
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with the signal b2sin wt also due to cross-talk:
where
(4.9)
When has a maximumn When b2 is small
it becomes -b2.
Therefore the -total phase shift introduced by cross-talk is:
(4.10)
When the switches are on the same IC package, b1 = b2 and
When bi is small, max = -2b (4.11)
For =0.005 degree, b1 should be:
To achieve this high cross-talk rejection ratio, a two-lever
switch is used, Fig IV-6.












Fig 1V-6 A Two-level Switch
The use of two-level switch, has nearly double the cross-talk
rejection ratio„ On the other hand, grounding of one input
of the 1st level switch, provides very good isolation between
the two input signals.
When only single level switch was used, it had been observed
that the accuracy of the phasemeter had nearly been down¬
graded by an order of magnitude®
On ri si d e ra ti nri s o n Wn r d T,pri v th
Since sin 001°= 0»0001715= 2 therefore at least
13 bits are needed The AD converter used here is of 11+ bits.
Conderations on Conversion katE
The slew rate of the sample-hold amplifier should be 108 MVsec,
since a 10 V peak-to-peak input voltage and a sample to hold
time of 1: U are assumed® The conversion time of the AD
converter should be within l+6«29 x 35= 27®7 usee
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Error Analysis
(1) Cross-talk and Feedthrough:
Consider the position of the switches in Fig IV-7. The
cross-talk and feedthrough in switch 1 is zero since one
of its input is grounded. In switch 2, Signal 2 is coupled
to the output of switch 2 through cross-talk and feed-
through. This leakage content of Signal 2 is further
coupled to the output of switch 3 and affects the MUX
output, The cross-talk of the switches is -50 db and the
feedthrough attenuation is also -50db. Therefore the
total content of Signal 2 that appears at the MUX output
is about -94 db. This content introduces a phase shift of:
In the worst case the phase shifts are out' of phase in
the channels and the total phase shift introduced becomes:
(2) Offset:
There is drift at the output of the sample/hold amplifier,
The drift is equivalent to the addition of a dc offset to
the sampled signal. Although the offset will certainly
distrub the zero-crossings of the two 30 Hz signals, it
will be removed by the digital filter. Therefore it does
not contribute an error,











4.4 Design of the PLL Frequency Multiplier
The PLL frequency multiplier derives from the reference
phase a high frequency clock :ith a frequency exactly
equals to the 720 times of that of the reference phase.
The high frequency clocl- . drives a group of timing circuits
which controls the operation of the multiplexer, the S/H
circuit and the A/D converter. The exact frequency relation-
ship between the PLL output and the reference phase is
important since phase measurement is based on the assumption
that the interval between every neighbouring samples corresponds
to 1 degree. A block daigral_1 of the PILL unit is shown in
Fie TV-2
The accuracy of the PLL output frequency s ould be within +1%
such that the error introduced will not exceed 0.01°.
narrow hold-in range will be enough since the TOR system
is assumed to be operated in 30 Hz+ 1%. Whenever the received
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Fig IV-8 Block Diagram of the PLL Unit
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4.5esign of the Digital Filter
The digital filter serves two purposes here. First, it should
remove any signal other than the 30 Hz tones, such as the
Morse-code identity tone and voice. Second, it should provide
sufficient rejection on the 60 Hz harmonic and the 50 Hz hum
which distrub the zero-crossings of the 30 Hz signals most
significantly. Since the voice and the Morse identity tone
are far apart from the 30 Hz signals, the specification of
the filter is derived directly from the rejection requirementts
on the harmonics and hum.
Filter Specifications
Type: Bandpass filter
Centre frequency: 30 Hz
Sampling rate: 360 samples/cycle
Stop-band attenuation: L db
Pass-band ripple: r db
Bandwidth: not covering 0 Hz, 50 Hz and 60 Hz.
The stop-band attenuation is derived as follows:
From Fig 111-6, a harmonic content of 0.0284 will contribute
a phase shift of 0.0163 degree, therefore the stop-band
attenuation of the filter (at 60 Hz) should satisfy the
following, equation:
U. 12)
where rQ= attenuation at 30 Hz (centre frequency).
(4.13)
Eqn (he 13) provides a limit both on L and r. However, when
rQ= 0, then Eqn (Zf• 13) becomes: L 6h®899 db and there
will be no limit on the pass-band ripple r,
Since the filter is time-multiplexed between the two 30 Hz
signals, it is required to process one sample in
1 1
_——_____ x sec or q6®29 usee,
30 x 360 2
Filter Approximation
At the first seight, the Frequency Sampling Filter (1A),(15
should be the most suitable candidate since one can choose
the zeros to be at the harmonic frequencies. However they
are rejected because of:
(1
) To provide sufficient attenuation at 50 Hz, the sample
number N should be at least 720o Therefore the imple¬
mentation of the filter will require a large memory
space.
(2; ) Since the centre frequency of the filter is frequency
locked with the input signal, the reference phase, any
changes in the line frequency will cause significant
changes in attenuation on the hum.
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Other types of FIR filters are also rejected since large
number of computations are involved. The digital filter
designed is a Chebyshev bandpass lip filter. Bilinear
Transformation is employed to obtain the digital equivalent.









lne frequency response of the filter is plotted in FigIV-9
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Considerations on overflow
It is well known that digital filters are suffered from
overflow oscillations (16), (17), (18),.... A common approach
to due with the problem employs saturation arithmetic (16).
However, saturation arithmetic introduces phase distortion
and is not applicable here. Therefore we scale down the input
signal, such that overflow will not occur. To doso. the
accuracy of the input signal is reduced, and more bits are
needed in the intermediate computations to compensate for it.
Considerations on Limit Cycle oscillation
Another kind of oscillations observed in digital filter is
limit cycle oscillation due to multiplication round-off (19),
(20),(21). This problem has been well analyzed and hypothesized
as a result of an effective complex-conjugate pole pair on the
unit circle in the z-plane (19). Consider a second-order
filter defined bv:
.(4.20)
where denotes the operation of rounding. The magnitude
of limit cycle oscillation is shown to be bounded by the
deadband D (19):
(4.21)









In this project, the poles are relatively close to the unit
circle and therefore k is large. The largest k is 1220 (for
b2= 0.99959) and the smallest is 258 (for b2= 0.99806).
Limit cycle oscillations certainly has effect on phase
measurement through zero-crossing detection, since with zero
input there is oscillation at the digital filter output,
Therefore even though there is no input applied to the filter,
zero-crossing
zero-crossing is still detected. A method to solve the problem
is to set a certain threshold level at the zero-crossing
detection unit.
Implementation
The major constraint on the implementation of the digital
filter is the fast processing speed needed. Therefore out of
the various implementation techniques the ROM/Adder approach
is used. A block diagram is shown in Fig IV-10
The ALU is time-shared between the six second-order sections.
The operation of the filter is briefly outlined here, for
the details one may refer to (21),(22).
Consider a second order sub-filter:
.(4.22)
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If all signals are bounded by +1 and represented by B-bit
twos-complement binary numbers:
(4.23)






The function 0 can take on only 2 or 32 different values and
are stored in ROM. The contents of the ROM are supplied to
the accumulator depending on the address (input arguments).
The multiply by 2. 0 operation is implemented by the hardwired
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left-shift operation. The output of one stage is used as the
input of the next stage such that cascade of the six stages
is realized. Therefore the hardware is required to process
one sample in 46.29/6 or 7.71 usec for each stage. in processing
one sample, 25 clock pulses are needed for each stage. One is
for loading the input and the others for the add and shift
operations. Therefore the basic system clock frequency should
greater than 3.25 MHz
Since 24 bits are involved in addition, the carry propagation
time is relatively long and 74LS TTL ICs are used to replace
the CMOS adders.
Wordlength
The wordlength of the filter is determined according to the
error that can be tolerated. The mean-square error of each
individual socond-Girder section is given by (21):
(4.27)
where B = wordlength of the filter and
transfer function of the second-order
sub-filter section
Since cascade form is employed, the output mean-square error
is computed using the error model given in Fig IV-11 as:
, (428)
where e is the error in the cascade form relization, M is
the number of second-order sections, and Hx(z) is the transfer
function between the output of the ith second-order section
and the output. The integral in Eqn, (428) may be calculated








Fig IV-11 Model for the Mean-square Error of a
Digital Filter Realized in Cascade Form
The calues of E((e)) for each sections are evaluated as:
E1= 1.6047426 x 108= -155.89 db
EP= 5.5251803 X 10~20= -385.15 db
E5= 5.0909741 x 10'9= -165.86 db
= 2.2430992 x 10~9= -172.98 db
E5= 2.8037899 x 10~9= -171.05 db
= 2.0947975 x 10~9= -173.58 db
for a wordlength= 21+ bits.
Error Analysis
The residue harmonic content at the digital filter output
will not greater than -65 db. Therefore the phase error
introduced will not greater than tan (-65 db)= 0.0163°«
Some photographs showing the performance of the digital filter
are given in Fig IV-12.
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(a)Implusive Response of the Digital Filter
(b) Step Response of the Digital Filter
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(c) Transient Response of the Digital Filter
Squarewave Input
(d) Transient Response of the Digital Filter
Sinewave input
Fig IV-12 Performance of the Digital Filter
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4.6 Design of the Zero-crossing Detection Unit
The zero-crossing detection unit serves both as the output
demultiplexer for the digital filter and the phase calculator.
The block diagram is given in Fig IV-13. The integral phase
counter is a 9-bit modulo 360 binary counter and the fract-
ional phase processor composes of shift registers, adders and
the necessary control circuits.
Considerations on Accuracy
Since the algorithm used to find the fractional phase invloves
addition and divide by 2 operations, a bit may be shifted out
during each iteration. That is a z bit accuracy may be lost
during each iteration. Therefore guard bits are needed. For
N iterations, the number of guard bits needed is 2/1N, i,e.4 in
this project.
Since 2/1 sin1°= 0.0087262, there are 7 leading zeros (excluding
the sign bit) in its 2 s-complement representation. Similarly
there are 7 leading ones (excluding the sign bit),in the
'
2' s--complement representation of -2/1sinl°. Therefore the input
supplied to the zero-crossing detection unit should have
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4.7 Design of the Averaging and Display Unit
Since there is noise with the output of the digital filter
and approxiamtion error with the zero-crossing detection
unit, the measured phase result is noisy. An averaging
circuit will help to improve the accuracy. The averager is a
22-bit accumulator such that the result will not overflow
for 32 additions, The averaged result is still a 17-bit 2s-
complement binary number with 9 integral bits. The averaging
circuit improves the signal- to - noise ratio by 32 1/2 or 15 db.
Binary to BCD conversion is performed by a ROM. It converts
the 17-bit binary number to a 5-decade BCD number. Results
are displayed by five 7-segment LEDs.
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Chapter V VOR AF Signal Generator
5.1 Introduction
For the aeveioprent, calibration and testing of the VOR phase
meter, a VOR AF signal generation is needed. The signal generator
must be capable of generating two 30 Hz T 1% sine waves with
phase difference presettabl e in 0.01 o steps. A search of the
commercially available generators reveals the followin situation.
In the 19501 s and early 60 1s, the only VOR AF generator available
was XIFOR by Collins Radio (25). Mechanical means was employed
in the generation of sine waves. Phase shifts between the two
sine waves were achieved by mechanically o f f'seting the phase
relationship of two mechanical disk. The front panel dial was
calibrated to 0.10. With mechanical tolerance and wear, the
phase accuracy was between+ 0.1° to+ 0.3° Obviously, it
is unsuitable for this project.
In the late 1960's, a new VOR AF signal generator was
marketed by A. W. A. Australia( Amalgamated Wirless Asia Ltd.),
called the VAG- 100 (6). This generator used the hybrid
of digital. and analog techniques. -Phase was presettable in
0.1° steps with up to +0.05° uncertainty. The phase-shifted
30 Hz sine waves were generated in two steps. Firet two
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square waves were generated with very accurate phase difference
in steps of 0. 1°. The only inaccuracy there was the delay
involved with digital IC's and was usually in the order of .sec.
Next these two phase-shifted square ,F,aves were converted to
sine waves using two phase locked filter. The filter outputs,
after squared up by a hLigh-gain open-loop operational amplifier,
ti.ere feedback and phase-comparated with the digitally generated
square waves. The output of the phase comparator controlled
a voltage controlled monostable circuit. The rear edge of
this monostable circuit triggered another 167 Hsec monostable
circuit which provided a delayed square wave with 1:1 mark space
ratio to drive the low pass filter. It was the process of
squaring up the filter output that contributed most of the error
in the signal generation, about 2 to 3 psec or approximately
0.02° at 30 riz. Since two such phase-locked filters ,ere
necessary, the overall uncertainty was about 0.04° to 0.05°.
This uncertainty is difficult to decrease unless operational
amplifiers with ultra high slew rate is used. Therefore this
generator is again not suitable for this project.
In 1973 a digital VOR signal generator had been built by Yi jo
Neuvo (26). The construction was completely digital utilizing
ROMs and T'TL arithmatric circuits to generate the cesired
output waveform, Which could be obtained in digital or, after
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digital-to-analog conversion, in analog form. The phase
shift between the variable signal and the reference signal
was adjustable is 0,01° steps. The desired adjustable phase
shift was obtained by presetting a five-decade down-counter
with thumbwheel switches to correspond to the desired phase
shift, and by starting the variable pease generator and the
down-counter simultaneously. The reference phase was set when
the counter had reached zero state. The generated output signal
was the sum of two signals, the variable phase 30-Hz signal
and the 9960-Hz subcarrier, which was frequency modulated by
a 30-Hz reference signal iwvith a + 480 -Hz deviation.
However with the advance in digital technology, a better,
more suitable and low cost signal generator could be built
using the low-cost computing power of microprocessors. This
chapter describes the principle and design of such a VOR AF
generator. The analog output are provided by two analog-to-
digital converters. The specification of the generator is
summarized as follows:
1) Two channels of output with Drese ,i,able phase difference,
2) Phase setting in steps of 0.01°
3) Signal frequency is 30 HZ + 1%
4) 14- to 16- bit accuracy, in 2's complement _m1 nary format,
5) Provide both analog and digital output,
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6) For digital output, the sampling frequency is 360 times the
signal frequency, 10.8 kHz. Synchormization signal is
needed,
7) For analog output, the signal swing is +10 V.
Actually in 1978, the National Bureau of Stardards of the USA
had introduced a high-precision AF phase calibration stardard
implemented using microprocessors (27). Its accuracy was
better than 0.01o over a frequency band from dc to 5 kHz and
decreased to 0.1° at higher audio frequencies. Two microprocessors
were used, a high-speed bit-slice version to generate the sine
wave signals and a low speed single-chip type for keyboard
entry of parameters, decimal-to-binary angle conversion, and
other control functions. The input angle resolution was of
1 part in 218, approximately 0.00137°. The output sine values
were 16-bit two scomplement binary numbers. Analog output
was provided by two parallel digital-to-analog converters.
However, the signal generator described :ere uses only one
fixed-instruction-set microprocessor and thus easier to
implement. At the same time, there is no loss in accuracy.
The major trade-off is that there is an initial time delay.
The magnitude of the time delay depends on the microprocessor
used. For the M6800 microprocessor, it is about one to two
seconds.
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5.2 Principle of A Digital VOR AF Generator
The most difficult part of a VOR AF generator is in maintaining
the phase difference of the two 30 Hz sine waves to a high
precision and resolution. Analog means suffer from component
drigts. The digital method of signal generation provides a
solution, since the phase difference bet\ieen the outputs is
not based on the characteristics of frequency-sensitive
comp'Dnents. Therefore there is no inherent aging and drift
problems.
Digital sinusoidals can be generated using a wide variety of
methods (28)-(35). Gold and Rader (29) introduced the method
of digital recursion oscillator, , hich means a difference
equation realization whose z transform has poles on the unit
circle. By starting such a recursion ,with the proper initial
conditions, sinusoidal samples are produced. However, in most
cases, the output signal-to-noise ratio From such an oscillator
is unacceptable unless the recursion is reset after a certain
number of ir.terations. Evans, Grey and Davies( 30) did the
job in a different way. They had also designedand constructed
a digital function generator based on the solution of the simple
harmonic differential equation. But this time, they obtained
the discrete equivalent by replacing the integrators by counters
of sufficient length and the potentiometers by binary rate
multipliers.
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Sinusoidal samples may also be approximatedoky some other
functions. Davies (31) had described a technique based on
filtering a square wave by a non-recursive digital filter
(transversal filter). Kitai (32) synthesised the periodic
sinusoidals from Walsh waves. The use of Walsh expansion
minimized the "integral-squared error", the integral of the
square of the difference between the ideal sig al and its
approximation (36).
One of the other methods to generate sinusoidal samples is
by numerical approximation. Each ti e the function is
determined (sinusoidal. sample output) a computation is carried
through The length of the computation depds on the error
allowed (really the SNP allowed) and the efficiency of the
approximation. The method usually has the problem of slow speed.
The other approach is direct table look-up (33). A finite
number of sine values are storedin ROM. The sinusoidal samples
are produced by Properly addressing the ROM. Manufacturers
of semiconductor devices has marketed a number of ROM-based
sine function generators, e.g. the MX422BM from the ivational
6emiconductor. This method minimizes the computation at the
expense of increased memory size. To improve the input
resolution and the output accuracy, more Roms are needed.
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An alternate approach 7_s to combine this method with the
computation method and liar ing use of interpolation technique(34).
Tierney, Rader and Gold (35) introduced the modified table
look-up approach. Theybroike the binary angle into two parts
and used tt rne table look-ups, one multiplication and one
addition to calculate the sinusoidal sample. An accumulator
was used to linearly increase the phase angle, wnT. Initial
phase offset, as determined by the initial value of the
a ccumulator. This method resulted is a very accurate digital
frequency synthesiser.
The approach described here is also a modified table look-up
approach. However phase angles are considered as BCD numbers
instead of binary ones. At the same time the sampling frequency
is fixed to be 300 tunes that of the signal frequency such that
the periodic property of sinusoidal functions may be used.
One more difference is that interpolation is performed only
once and the calculated sinusoidal values are stored in RAM
for later look-up. In the following sections it is described
in detail.
Consider the computing of the values of sin(wt+ ) and sin wt
at time nT,
.( 5. 1)
vn— sin (wnT)= sin(2nfnT)




T f = IIf, where Ir is an integer.





Obviously, u and v can take on only N different values each.r n J
When M= 550.; (N= 1, eon (5.3) and (5-4) becomes:
(5.5)
(5.6)
I j is written as follows
(5.7)
wVl O O
the integral part ol
rT) c t h ft f vpi n hi on ft 1 dft r t n f
then eqn (55) becomes:
= si)
— crn COS C.CiF sin
.(5.8)







then the in( 360) different values of v can be obtained by
n J
a direct look-up end that of u can be calculated from eqn (58)
using 2 multiplications ana 1 addition. And the total sine
values stored in ROM are 060.
The computations involved in eqn (5-8) can be efficiently
carried out by a microprocessor. however, if these computations
are carried out each time an output sample is required, a high
-speed microprocessor well be required, probably a bit-slice
version. However, one can trade off the use of high-speed r
microprocessor by suffering from an initial time delay between
the entry of the phase parameters and output of the sinusoidal
samples.
The approach is as follows. Since sin
when k is an integer, the 360 different sine values of u can
be calculated by a microprocessor and stored in RAM. When this
calculation is completed, the sinusoidal samples are output
by simple direct table look-up. The frequency of the sinusoidal
wave is changed by adjusting the delay loop in the output routine.
However, there is an initial time delay between the entry of
75
phase parameters and the output of sinusoidal samples. Thi s
time delay is the time which the microprocessor needs to
calculate the 360 different sine values with a particular
phase offset, . Obviously, it depends on the microprocessor
used. When this time delay does not present any problem to
the application, it has the advantage that it is easy to
implement. The micro-Processor is also used for keyboard
entry of parameters, LED display control, etc. The memory
requirements are summarized in Table (5.1). In this table,
the sine values are assumed to have 16-bit accuracy. Also
sho ern in the table is the memory requirement for the fully
table look-up approach. A comparision shows that nearly
95 % memory is saved.
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Tphlp (R n Memory Reauirement
Actually, the memory size can be further reduced if we write
into two parts:
where






thereforo if we aporoximate cos
by cos and
sin by sin then eqn becomes
The approximation error introduced by eqn (5.10) is about
- 5 or 2-15.24
2.59x10-5 or 2-15.24 However this error can be reduced if





This time the approximation error is about 1.494 x 10-5 or
2-16.03 The detailed error analysis is given in the later
sections. It is the last algorithm that is employed in this
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project. The memory requirement is shown in Table (5.2).
The reduction in memory size is 340x8bits in ROMand the trade
off is an approximation error of about 1.494x1O-5, in the worst
case. The error analysis in the later section supports the
adoption of the algorithm in this project.










The signal generator is implemented with the MPU module of the
6800 D2 Kit. The technical data of the kit may be formed in (37).
The memory size is expanded as required and the following
hardware are added: a keyboard for entry of parameters (phase
and frequency), a LED display, an output demultiplexer and two






















Y. J.. Block Diagram of the VOR AP Signal Generator
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Phase and frequency are input through the keyboard. Software
keyboard decoding and display scanning are employed. After
entry of parameters, the microprocessor first calculates the
360 different sine values using egn(5.10) and adjust the delay
loop in the output routine of the signal generator program to
meet the specified frequency requirement. Thereafter, the
sinusoidal samples for each channel are output by direct table
look-up one after the other. The output demultiple xer temporarily
stores the fouler sample and provides a synchronization signal
to load the numerical values of two channels to two different
digital-to-analog converter simultaneously. This assures
precise timing. Analog outputs are provided by the D/A
converter. On the other hand, the multiplexed and non-
multiplexed digital signals may be obtained at the output
and input of the output demultiplexer, respectively. Together
with them are synchronization signals.
All sinusoidal values, both the stored and the generated, are
in 16-bit twos-complement binary format. The ROM size is
2Kx8bits, of which the sinusoidal salTples occupies 780x8bits,
















































Fig V-2 Memory Allocation of the VOR Signal Generator
During the generation of the phase shifted sinusoidal values,
the products are of 32 bit accuracy. Their sum is rounded to
16 bits. Rounding after addition preserves more accuracy.
A simplified flowchart of the program is shown in Fig(5.3).
The program listing and the schematic diagrams are shown in
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Fig V—3 Flowchart of the VOR AF Signal Generator
5.k Error Analysis
Since the sinusoidal sample values of the reference signal are
produced by direct table look-up, the only inaccuracy with them
is the quantization error. It is bounded by 2 and has a
mean square value of 2 3. The total harmonic distortion
introduced by sampling is 0.5$ of the fundamental signal (26).
However, there are more error sources for the variable phase
sinusoidal signal: the approximation error, the quantization
error and the round-off error. They are discussed in detail
in this section.
flnnrnYi rnp hi nn Pr,rnr
If eqn(5„10)isused to generate the variable phase sinusoidal
samples, u is approximated by
f pi r
si: ) cos CO ( si + sin
.(5.11)
The approximation error is
: si ) co + co )( sii t- sir
— .Qi
ci i COS (5.12)
w here
By di f f erentiati n sr eon
i r fnun d in hp
.(5.13)
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error will not be greater than 2~ if the angle is properly
That is. the armroxi mati ot
partitioned. However, when eqn (5.8) is used, there will b
no approximation error.
Quantization Error
The quantization error refers to the approximation of the
sinusoidal values, stored in ROM, by a finite number of bits.
When a number is represented in the normalized 2's complement
binary format with t bits, the quantization error is bounded
by 2 (20). In our case here, t= 1 6 and the quantization error
.(5.10
.(5.15)The mean snuara arrrar i q
Round-off Error
When two t-bit fixed-point numbers are added, their sum would
still have t bits, provided there is no overflow. Therefore,
under the assumption of no overflow, fixed-point addition
causes no error. However, when two t-bit fixed-point numbers
are multiplied, their product will have 2t bits. Therefore,
rounding is needed if only t bits are to be kept. The round
off error is bounded by 2~u(20).
In our implementation, if the products are rounded to 16 bits
before addition, the total round-off error may accumulated
to 2 in the worst case. Therefore, we retain the products
in 32 bits and round their sum to 16 bits, such that the tota!
round-off error e. is bounded by 2 D.
I?-»
Have discuss the error sources, their contribution to the total
error is analyzed in this section. Let us first consider the
sum and product of two fixed-point binary numbers with a finite
rmmhpr nf hi t s.
Let S,= S+ e and M,=M+ev, where S, and M, are the t-bit
representation of S and M, while en and e,T are the Quantization
errors. The product of S and M is therefore approximated
by S,.M,, the error is
.(5.16)
Since ef,e,, is so small that it may be neglected and eqn(5„l6)
becomes
.(5.17)
On the other hand, the sum of S and M is approximated by
S, -f M,, and the error is
.(5.18
To analyze the total error, let us revrite eqn (y.8) and
(5.10) in the following form:
.(5. 19)
Ttr r-»~ the approximated value of u•
the integral part of the phase angle
rq n r r D c: sin 0 for eqn (58)
n r M COS sin for eqn (5. 10)
Since the value of sin x, cos x, M and N have 16 bits only,
the value calculated from eqn (5.19) is actually
v.rh prp
(5.20:
and e„ is the error due to finite word length given by
.(5.21)
In eqn (5.21), the term Me may be neglected, since both





Since sin x. eM+ cos x. eAT are bounded b rpfp
to ean (5.12) and (5.13) and M is close to
.(5.25
Since the sum of the 32-bit products is rounded to 16 bit, the
round-off error should be taken into account, and (u)„' n af




Table (5«3) lists the maximum values of e.? e,., e,T5 e,
sm x M' il? a9
e«, e and em. When the values of u are calculated without
approximation, the total error is bounded by
However, the error is increased to
for the approximated values of u. Also noted
is that the major contribution to the total error is from the
finite word length error e0 And this error is due to the
quantization of the sinusoidal values stored in ROM.
Therefore we can reduce the total error by reducing the finite
word length e„ or reducing the Quantization error e.,° f sin x'





Quantization error of sin x
Quantization error of cos 6 or cos 6 n
Quantization error of sin
armroximation error
finite word length error
round-off error
total error
rn- l. 1~ r~ ~7 Snmiriprv nf flip prrnr.Q
5.5 Result and Discussion
The algorithm used in this project is simulated on a computer
by a FORTRAN program. It calculated, the value of sin x for
x— 0.00°, 0.01°, 0.02°,..., 559-99° using eqn (5.10). The
error observed is never greater than 2
The signal generator is emulated using a M6300 Exercisor. The
sinusoidal values are printed as twos-complement hexadecimal
numbers. Another BASIC program converts the actual values of
sinx to twos-complement hexadecimal numbers for x =o- 359.99° in
0.01° steps. Some of the results are compared, and the
following is observed:
1) When the phase setting= 0,00°, there is• no difference.
2) When the phase setting= 0.59°, the differences are never
greater than 2 steps (1 step= 2).
3) When the phase setting= 0.99°, the differences are never
greater than 5 steps( 1 step= 2~ D)
The error distribution for (2) and (3) are given in Fig. 5.A and
FLg. 5.5. S me of the signal outputs are listed in Big. 5.6.
In this chapter we have presented an implementation of a higl
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Fig V-5 Error Count of the VOP Sie-nol fiRnfirat.nr
Fig V-6 Output of the VOR AF Signal Generat
(Phase Setting- 180.00°)
implemented using a fixed-instruction-set microprocessor and
it offers the advantage that it is easy to implement.
The accuracy of the signal generator is shown to be limited
mainly by the finite word length approximation of the sinu¬
soidal values. However the accuracy may be improved by some means
An approach is given in Appendix In, It reduces the total error
by reducing the quantization error e and e. First M (cos
or cos i) is represented as( 1 —M1), where M' is a small
positive number. Next, instead of storing M! and N, 2 Mf and
2NT are stored. Finally, I he products sin x.M? and cos x. N
12— 12 g— 5
are replaced by sin x (2. M').2 and cos x (2 II). 2.
These steps effectively reduce the error of the products to a
number much smaller than 2~ Therefore the total error is
1 (S 1 (5
reduced to 2.2, or 3.2° for the approximated case.
Further reduction in the total error may be achieved by repres¬
enting the stored sine values in more bits, say 2T bits.
However, more memory are required. Of course, the reduction in
total error is trade-off by the increase of the initial time
delay between the entry of the parameters and the output of the
sinusoidal samples.
Actually the initial time delay may be reduced. Of course, a
faster microprocessor wi'l help. Other approaches may include
calculating only the first 180 sine values and generating the
others by twos-complementing. Further reduction will require
a more efficient and more fast multiplication algorithm.
This signal generator may find application in other areas, e.g.
in laboratory testing and calibration and other phase-controlled
systems (38),(39). When DMA technique is employed, higher
signal freauency may be achieved and the sinusoidal output may
be locked to an external signal, if desired.
In summary, this signal generator combines the direct table
look-up and numerical approximation metrods of digital sine
wave generation. What makes this possible are the use of micro-
pro cersor, the BCD representation and partition of the phase and
a sampling frequency equals to 360 times of the signal frequency.
CM APT ITT? STY
RFFTTT.T AND DT .UflTTU.UT mT
The phasemeter uses about 200 IC packages. The power consumpt¬
ion is about 1 W, of which 13 is dissipated by the LED
disolavs.
C 1 Doc-Mil 4-
The performance of the phasemeter is verified in the following
stews:
The analog part of the phasemeter is bypassed:
The multiplexed digital output of the VOR AF signal
generator is directly fed to the digital filter of the
phasemeter. The differences between the output readingst
of the phasemeter and the phase settings of the signal
generator are plotted in Fig VI-1. The error is found to
be within the range 10.01 degree, i.e. it satisfies the
accuracy requirement.
The analog part of the phasemeter is included, except
the PLL unit:
The output of the PLL is replaced by the synchronization
pulse from the signal generator. The analog output of
the signal generator is applied to the phasemeter
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as Fig VI-2. The error is found to be within the range
+0.01° to -0.02°. The result is slightly worse than
the +0.01° accuracy requirement.
(3) 'The PLL unit is included, i.e. all part of the phasemeter
is involved in the phase measurement:
The error curve is plotted as Fig VI-3 The error is
larger than the above cases. The reason is found to be
that the output of the PLL frequency multiplier is failed
to stay at a stable frequency even through the input
signal frequency is stable. Therefore the input signals
become non-uniformly sampled. Since phase measurement is
based on an assumption that the input signal is uniformly
sampled at every degree, the error becomes larger. Actually
the error should be larger, however the averaging circuit
helps to improve the accuracy..
Most probably, the instability of the PLL output is due
to too wide of the capture range designed and a relatively
high multiplication factor. Solutions may include either
makes the capture range narrower or use a two stages
PLL unit.
Actulaay in the phase measurements the phasemeter is not
operated at an input signal frequency of 30 Hz. In stead
it operates at about 8.5 Hz. It is because of the digital
filter cannot work properly at such frequency. In the early
design stage, the digital filter is assumed to work at a
word length of 16 bits and the CMOS ICs are assumed to be
capable of operating at 3 MHz. However, the outcome is we
have to use 2q bits as the filter wordlength and the CMOS ICs
cannot work' properly at such a high frequency. Therefore in
the testing of the phasemeter we use a lower input frequency.
Although the phasemeter cannot be operated at real-time
(30 Hz), the results obtained still demonstrates that
accurate phasemeter can be implemented by employing the
technique of Digital Signal Processing. The real-time
problem can be solved by any or some of the following methods:
(1) Use 6 ALUs instead of 1 ALU:
Alien each sub-filter has its own ALU, the speed of the
filter will becomes faster. However more hardware is
needed_
(2) Use lowpass and highpass filter combination in stead of
using bandpass filter:
Usually a bandpass filter has more sub-filter stages and
therefore involves more computations. Since bandpass filter
is only needed for the rejection of the dc offset, a high
pass filter with cut-off frequency close to 0 Hz will do
the job. That is use low-pass filter to reject the harmonics
and noise and use high-pass filter to reject the dc offset.
The combination may find less sub-filter stages than the
bandpass filter.
(3) Use i+th order sub-filter sections instead of 2nd-order
sub-filter sections:
Instead of implementing the 2nd-order sub-filter sections
by the ROMAdder approach, we may implement a fourth-
order sub-filter by the same approach. Of course, more
ROM will be needed but the speed is double.
(if) Use a lower sampling rate:
When the sampling rate is slow down there will be more
time available for the filter to process a sample.
The error may be slightly larger.
(5) Use TTL ICs instead of CMOS ICs:
The use of TTL ICs certainly will speed up the system,
However more power will be dissipated.
6.S Discussion
Another candidate for accurate phase measurement may be the
FFT. The digital samples of the input signals pass through a
FFT processor. The output of the FFT processor gives the
spectrumn of the input signal® When the sampling frequency
is chosen as an integral multiple of 30 Hz, one of the
component of the FFT output will correspond to 30 Hz, From
this component, the phase information may be extracted.
Similarly the phase information of the other 30 Hz signal
is found. Their difference gives the phase result.
Since only the 30 Hz component is wanted, the FFT processor
may be a dedicated one which calculates the 30 Hz component
only. Therefore the number of calculations will be much
reduced.
Recently, A.M.Despain introduced very fast Fourier Transform
Algorithms which do not employ multiplications (40). The
algorithms were derived for direct implementation in pipe¬
lined cascade hardware.
The FFT approach finds another advantage: the presence of
harmonic is no longer a problem since the FFT output will
distinguish the .60 Hz harmonic from the 30 Hz bearing signals.
Therefore the use of FFT processor may result ±n a very




In this project we have attempt to due with the problem of
harmonic distortion that is usually overlooked or bypassed
in other phase measuring systems or methods. Our attack to
the problem is to employ digital filter. Since digital filter
is free from drift and component changes, perfectly matched
filters can be implemented. Therefore the probilms usually
encountered in conventional analog receiver is overcome.
Our result shows that when the sampling frequency is exactly
360 times of the input signal, phase measurement accurate to
±0.02 degree is achieved (actually, the error is within the
range +0.01°to -0.02°). This accuracy is comparable to the
best of the existing phase measuring systems, however the
problem of harmonic distortion is,usually bypassed in those
systems.
Although the phasemeter is not operating in real time during
testing, the result obtained still demonstrates that the
approach sounds well. It is foreseeable that the problem
can be solved without paying too great an effort.
Also, the phase-locked-loop-should not put a great constrain
to the phase measurement since it should be able to build
frequency multiplier of 720 times.
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On the other hand, with the advances in the technology of
VLSI, the phasemeter designed in this project may be integrated
in a few VLSI chips. Actually research on designing LSI
chips for Digital Signal Processing has been started (41).
in this project phasemeter employin digital filter has been
built and in the above section we also discuss the possibility
of employing FFT processor in accurate phase measurement.
Therefore as a conclusion, Digital Signal Processing will
play an important role in accurate phase measurement in
current day technology.
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APPENDIX I
An Analysis of Phase Shift Due To Component Changes in LPI






Si n c e
( A I





Fo r example, whe n (2nd order Bessel filter) and
degree
Even though 0.000199 degree. Therefore filters
with
is relatively insensitive to component changes
in the sense of phase shift.
(2) Consider the VCVS (Voltage Controlled Voltage Source) low
pass network in Fig AI— 1•
Fig A-1-1 A VCVS Low Pass Network
The voltage transfer function is
The network parameters are:








Eqn (A1.5) and (A1•9) give a measure on phase shift due to
component changes when the network is implemented with k,
and K= 1.




the filter will be insensitive to component
changes in the sense of phase shift.
(b) When
then
. (A 1.1 0)
( c) Wh e ri
then
(a 1. 1 1)
(h) In the above analysis we have derive a formula for the
estimation pf the phase shift due to component changes in
VCVS low pass network® The network is assumed to be
implemented with R= R= R and K= 1. .If the components
R., R? C-j and are chosen such that
then the network will be insensitive to component changes
in the sense of phase shift. However, if only
and then the phase shift d0 depends on
only3 In the most general case,
the phase shift is given by Eqn (AT.11),
Appendix II
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ALU, ROM and Adder (High)
ALU, ROM and Adder (Middle)
ALU, ROM and Adder (Low)
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To recall memory, the equation used to generate the variable
chase sinusoidal sameles is:
(A 6.1)
u )n ore
an d A for eon (5.8)
n~P p.nd M for eqn (5. 10)
In either case, M is closed to 1 and N is very small. If we
write M as 1~Mf, where M1 is a small positive number, then
equation (A 6.1) becomes:
(A 6.2)
Since
we can rewrite sanation (A 6.2) as:
Instead of storing M and N in ROM we can replace them by
— 1 P
M.and Nt. Then the product sin x (M,) 2 can be calculated
in tvo steps: First, sin x (,M-|) is calculated; second, it is
right shifted by 12 bits to obtain the final result. Since
the error with sin x.. is never greater than 2{ refer
to eqn. (5.18)), the final error will not greater than 2 .2 c
or 2. Similarly, the final error of cos x.. 2 will
nnt ptpq t. pr t han P.
Therefore the finite word length error becomes:
Finally, the total error
When there is no approximation error (eqn. (5.8) is used),
e= 0 and the total error is further reduced to 2. 2
Therefore the use of eqn. (A 6.3) reduces the total error by
approximately 50%. The trade off is more computations are needed
one more addition, one right shifted by 12 bits operation and
one right shifted by 5 bits operation. However no extra memory
is needed. To further reduce the error, more memory must be
f T T T T
Pn prfpoy)! T.i C f i n r? r -f T1 Vt -o A 11 r) i a 1 J C TD C t rm n 1 Cl ry~ r -v~ L r -ir
Fig A-IV-1 Flowchart of the Signal Generator
Fig A-IV-2 Program Listing of the Signal Generator
Fig; A-IV-1 Flowchart of the Signal Generator
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Schematic Diagrams of the Audio \TOR Signal Generator
FIG A-V-1 Keyboard of the Signal Generator
FIG A-V-2 Display of the Signal Generator
FIG A-V-3 Output Demultiplexer of the Signal Generator
FIG A-V--L1. D/A Converter of the Signal Generator
FIG A V 1 KEYBOARD OF THE SIGNAL GENERATOR
FIG A-V-2 Display of The Signal Generator
FIG A-V-3 Output Demulitplexer of The Signal Generator
FIG A-V-A D/A Converter of The Signal Generator


